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AMENDMENTS TO THE CLAIMS 

This listing of claims will replace all prior versions, and listings, of claims in the 
application: 

LISTING OF CLAIMS 

I . (Currently Amended) In a communJcations .system for tranijmitting a near end 
digital Siignal aging a compr e ggion cod e comprising a plurdlity of param e ters including a first 
param e ter, said panufn e ters r e pres e nting on audio s ignal comprising a plurolit^r of audio 
oharactcrioricg^ said compression oodo being dooodablo by a plurality of decoding gtepg» said 
communication s syst e m also tranomitting a far e n 4- digital signal using a compression oode , 
apparatus for reducing echo in said iwar e nd digitc tl-sifflal comprising: 

a first handset generating a near end digital signal using a compression code 
comprising a plurality of parameters inchjidinp a first parameter, 

wherein said parameters represent an audio signal comprising a plurality of 
^ijdio characteristics. 

wherein said compression code is A ^^^f V^*^ a plurahtv of decoding steps, 

a second handset generating a far end digital signal using a comp ression code: 

and 

a processor responsive to said near end digital signal to read at least said first 
parameter of said plurality of parameters, to perform at least one of said plumlity of 
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decoding steps on said near end digital signal and said far end digital signal to generate €^ 
tedsi partially decoded near end signals and a t4e a s t partially decoded far end signals, 

whe rein said oartiallv decoded near end sian als represe nt a first subftame of 
data and v/faerein said partiallv decoded far end signals represent a second s ubframe of data, 

wherein said processor estimates an e^ho likelihood based on said first 
subfiamc of data and said second subfile of data, 

wherein said processor, when said estimation of echo likeli hood indicates an 
echo, is responsive to said at l e ast partially decoded near end signals and at4easl partially 
decoded far end signals to adjust said first parameter to generate an adjusted first parameter 
and to replace said first parameter with said adjusted first parameter in said near end digital 
signal 

2. (Original) Apparatus, as claimed in claim 1 , wherein said first parameter is a 
quantized first parameter and wherein said processor generates said adjusted first parameter 
in part by quantizing said adjusted first parameter before writing said adjusted first 
parameter into said near end digital signal. 

3 . (Original) Apparatus, as claimed in claim 1 , wherein said processor is 
responsive to said at least partially decoded near end signals and said at least partially 
decoded far end signals to generate an echo likelihood signal representing the amount of 
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echo present in said partially decoded near end signals, and wherein said processor is 
responsive to said echo likelihood signal to adjust said first parameter. 

4. (Original) Apparatus, as claimed in claim 3, wherein said characteristics 
comprise spectral shape and wherein said first parameter comprises a representation of filter 
coeflBcients, and wherein said processor is responsive to said echo likelihood signal to adjust 
said representation of filter coefificients towards a magnitude frequency response, 

5. (Original) Apparatus, as claimed in clahn 4, wherein said rq>resBntalion of 
niter coefHcients comprises line spectral frequencies. 

6. (Original) Apparatus, as claimed in claim 4, wherein said representation of 
filter coefficients comprises log area ratios. 

7. (Original) Apparatus, as claimed m claim 4, wherein said magnitude frequency 
response corresponds to background noise. 

8. (Original) Apparatus, as claimed in claim 1 , wherein said characteristics 
comprise the overall level of said audio signal and wherein said first parameter comprises 
codebook gain. 
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9. (Original) Apparatus, as claimed in claim 1 , wherein said first parameter 
comprises a codebook vector parameter. 

1 0. (Original) Apparatus, as claimed in claim 1 , wherein said characieristics 
comprise period of long-term correlation and wherein said first parameter comprises a pitch 
period parameter. 

1 1 . (Original) Apparatus, as claimed in claim I , vAcrein said characteristics 
comprise strength of long-term correlation and wherein said first parameter comprises a 
pitch gain parameter. 

12. (Original) Apparatus, as claimed in claim 1 , wherein said characteristics 
comprise spectral shape and wherein said first parameter comprises a representation of filter 
coefricients. 

13. (Original) Apparatus, fl$ claimed in claim 12, wherdn said representation of 
filter coe (licients comprises log area ratios. 

14. (Original) Apparatus, as claimed in claim 1 2, wherein said representation of 
filter coefficients comprises line spectral fi^quencies. 
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15, (Original) Apparatus, as claimed in claim 12, wherein said representation of 

filter coefficients corresponds to a linear predictive coding synthesis filter. 

16» (Original) Apparatus, as claimed in claim 1 , wherein said first parameter 
corresponds to a first characteristic of said plurality of audio characteristics, wherein said 
plurality of decoding steps comprises at least one decoding step avoiding substantial altering 
of said lirsi characteristic and wherein said processor avoids performing said at least one 
decoding step, 

1 7. (Original) Apparatus, as claimed in claim 16, wherein said audio characteristic 
comprises power and wherein said first characteristic comprises power. 

1 8. (Original) Apparatus, as claimed in claim 1 6, wherein said at least one 
decoding step comprises post-filtering. 

1 9. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises a linear predictive code. 

20. (Original) Apparatus, as claimed in claiml , wherein said compression code 
comprises regular pulse excitation long term prediction code. 
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2 1 . (Original) Apparatus, as claimed in claim I , wherein said compression code 
comprises code-excited linear prediction code, 

22. (Original) Apparatus, as claimed in claim I , wherein said first parameter 
comprises a series of first parameters received over time, wherein said processor is 
responsive to said near end digital signal to read said series of first parameters, and vs^ierein 
said processor is responsive to said at least partially decoded near end and far end signals 
and to at least a plurality of said series of first parameters to generate said adjusted first 
parameter. 

23. (Original) Apparatus, as claimed in claim 1 , wherein said compression code is 
arranged in frames of ^Kiid digital signals and wherein said frames comprise a plurality of 
subframes each comprising said first parameter, wherein said processor is responsive to said 
compression code to read at least said first parameter from each of said plurality of 
sublVames, and wherein said processor replaces said first parameter with said adjusted first 
parameter in each of said plurality of subfiiames. 

24. (Original) Apparatus, as claimed in claim 23, wherein said processor reads 
said first parameter firom a first of said subfi^mes, begins to perform at least a plurality of 
said decoding steps on said near end digital signal during said first subframe and replaces 
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said first parameter with said adjusted first parameter before processing a subframe 
following the first subframe so as to achieve lower delay. 

25, (Original) Apparatus^ as claimed in claim J , wherein said compression code is 
anangcd in fi^es of said digital signals and wherein said frames comprise a plurality of 
subframes each comprising said first parameter, wherein said processor performs at least a 
plurality of said decoding steps during a first of said subframes to generate said at least 
partially decoded near end and far end signals, reads said first parameter from a second of 
said subframes occurring subsequent to said first subfirame, generates said adjusted first 
parameter in response to said at least partially decoded near end and far end signals and said 
first parameter, and replaces said first parameter of said second subfi:ame with said adjusted 
first parameter, 

26. (Currently Amended) In a communications system fei^4f»g m}tting a near end 
digital signal oomprioing Gode - sompl e s, s aid cod e sampl e s comprising ftfSt bit s usin g- a ft 
compr e s s ion cod e and s e cond bits uising a linear oade, oaid oode sompl e s repr e senting an 
audio signal, said audio signal having - o - plurolity of audio charact e ristic s , said syst e m also 
transmitting a far md digital si^^, apparatus for reducing echo in ooid near end digital 
oignol wi thout doooding -s aid - oompres s ion eode comprising: 

a first handset transmitting a near end digital sipnal comprising code samples. 
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wherein said code samples comprise first bits using an compression code and 
second bits using a linear code, 

wherein said cod e samples represent an audio sijarnaK 
wherein said audio signal has a plurality of audio characteristics: 
a second handset trananittina a far end digital signal. 

wherein said near end digital signals and said far end digital signals each 
represent a subframe of data: and 

a processor, wherein sai d processor partially decodes said near end and 
said far end digital signals for use in determining an echo estimate. 

wheypin s aid processor, when said echo estima te indicates the presence of 
an echo, i§ responsive to said near end digital signal and said far end digital signal to 
adjust said first bits and said second bits. 

27. (Canceled) 

28. (Original) Apparatus, as claimed in claim 26, wherein said linear code 
comprises pulse code modulation (PCM) code, 

29. (Original) Apparatus, as claimed in claim 26, wherein said compression code 
samples conibnn to the tandem-ftee operation of &e global system for mobile 
communications standard. 
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30. (Original) Apparatus, as claimed in claim 26, wherein said first bits comprise 
the two least significant bit$ of said samples and wherein said second bits comprise the 6 
most significant bits of said samples. 

3 1 . (Original) Apparatus, as claimed in claim 29, wherein said 6 most significant 
bits comprise PCM code. 

32. (Currently Amended) In a communications system for transmitting q near e nd 
digital^-sigft ai ti s k^ a compression ood » comprising a plurality of paramotcro including a first 
param e ter, said param e ters r e pr es enting on audio signal comprising a plurality of audio 
charact e ristics, said compression ood e b e ing decodoble by a plurality of d e coding st e ps, said 
communications syst e m also transmitting a far end digital signal using a compression cod e» 
a method of reducing echo in said near end digital signal comprising: 

receiving a near end .digital sigraal usinft a compression code comprising a 
plurality of parameters including a first parameter, 

wherein said parameters represent an audio signal comprising a plurality of 
m(^l9 9to9tgy;st;c^, 

wherein said compression code is decodable bv a plurality of decoding steps; 

receiyina a fat end digital sienal using a compression code, wherein 3aid near 
end digital signal and said M end digital signal represent a subfiramc of data: and 
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reading at least said first parameter ofsaid pluralit>' of parameters in response 
to said near end digital signal; 

performing at least one of said plurality of decoding steps on said near end 
digital signal and said tar end digital signal to generate at l e ast partially decoded near end 
signals and at l e ast partially decoded &r end signals; 

determining the presence of an echo using said partially decoded near end 
sisals and said partially decoded far end signals: 

adjustin g, when an echo is present said first parameter in response to said al 
least partially decoded near end signals and at l e ast partially decoded far end signals to 
generate an adjusted first parameter; and 

replacing said first paiaineter with said adjusted first parameter in said near 
end digital signal. 



33 . (Original) A method^ as claimed in claim 3 1 , wherein said first parameter is a 
quantized first parameter and wherein said adjusting comprises generating said adjusted first 
parameter in part by quantizing said adjusted first parameter. 

34. (Original) A method, as claimed in claim 3 1 , wherein said adjusting comprises 
generating an echo likelihood signal representing the amount of echo present in said 
partially decoded near end signals in response to said at least partially decoded near end 
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signals and said at least partially decoded far end signals, and wherein said adjusting further 
comprises adjusting said first parameter in response to said echo likelihood signal. 

35. (Original) A method, as claimed in claim 33, wherein said characteristics 
comprise spectral shape and wherein said first parameter comprises a representation of filter 
coefTicients, and wherein said adjusting comprises adjusting said representation of filter 
coefficients towards a magnitude fiiequency response in response to said echo likelihood 
signal. 

36. (Original) A method, as claimed in claim 34, wherein said representation of 
filter cocfTicienis comprises line spectral frequencies. 

37. (Original) A method, as claimed in claim 34, wherein said representation of 
filter coeflicients comprises log area ratios. 

38. (Original) A method, as claimed in claim 34, wherein said magnitude 
frequency response corresponds to background noise. 

39. (Original) A method, as claimed in claim 3 1 , wherein said characteristics 
comprise the overall level of said audio signal and wherein said fi^rst parameter comprises 
codebook gain. 
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40. (Original) A method, as claimed m claim 5 1 , wherein said first parameter 
comprises a codebook vector parameter. 

41 . (Original) A method, as claimed in claim 3 1 , wherein said characteristics 
comprise period of long-term correJation and wherein said first parameter comprises a pitch 
period parameter. 

42. (Original) A method, as claimed in claim 3 1 » wherein said characteristics 
comprise strength of long-term correlation and wherein said first parameter comprises a 
pitch gain parameter. 

43. (Original) A method, as claimed in claim 31, wherein said characteristics 
comprise spectral shape and wherein said first parameter comprises a representation of filter 
coefficients. 

44. (Original) A method, as claimed in claim 42, wherein said representation of 
filler coefficients comprises log area ratios. 

45. (Original) A method, as claimed in claim 42, wherein said representation of 

filter coefficients comprises line spectral frequencies. 
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46. (Original) A method, as claimed in claim 42, wherein said representation of 
filter coefficients conresponds to a linear predictive coding synthesis filter. 

47. (Original) A method, a$ claimed in claim 3 1 , wherein said first parameter 
corresponds to a first characteristic of said plurality of audio characteristics, wherein said 
plurality of decoding steps comprises at least one decoding step avoiding substantial altering 
of said first characteristic and wherein said performing at least a plurality of said decoding 
steps comprises avoiding perfonning said at least one decoding step. 

48. (Original) A method, as claimed in claim 46, wherein said audio characteristic 
comprises power and wherein said first characteristic comprises power. 

49. (Original) A method^ as claimed in claim 46, wherein said at least one 
decoding step comprises post-filtering. 

50. (Original) A method, as claimed in claim 3 1 » wherein said compression code 
comprises a linear predictive code. 

5 1 . (Original) A method, as claimed in claim 3 1 , wherein said compression code 
comprises regular pulse excitation - long tcmi prediction code. 
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32. (Original) A method, as claimed in claim 3 1 , wherein said compression code 
comprises code-excited linear prediction code. 

53. (Original) A mefhod, as claimed in claim 31, wherein said first parameter 
comprises a scries of first parameters received over time, wherein said reading comprises 
reading said series of first parameters, and wherein said adjusting comprises generating said 
adjusted first parameter in response to said at least partially decoded near end and far end 
signals and to at least a plurality of said series of firat paraneters, 

54. (Original) A method, as claimed in claim 3 1 , wherein said compression code is 
arranged in iVames of said digital signals and wherein said frames comprise a plurality of 
subfiames each comprising said first parameter^ v^erein said reading comprises reading at 
least said first parameter fix)m each of said plurality of subfiles in response to said 
compression code, and wherein said replacing comprises replacing said first parameter with 
said adjusted first parameter in each of said plurality of sub&ames. 

55. (Original) A method, as claimed in claim S3, wherein said reading comprises 
reading said first parameter bom a first of said subfi-ames, wherein said performing 
comprises beginning to perform at leasl a plurality of said decoding steps on said near end 
digital signal during said first subfiMie and wherein said replacing comprises replacing said 
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first parameter with said adjusted first parameter before processing a subfinme following the 
first subframe so as to achieve lower delay* 

56. (Original) A method, as claimed in claim 3 1 , wherein said compression code is 
arranged in fi:ames of said digital signals and wherein said firames comprise a plurality of 
subfi^mies each comprising said first parameter, wherein said performing comprises 
performing at least a plurality of said decoding steps during a first of said subframes to 
generate said at least partially decoded near end and far end signals, wherem said reading 
comprises reading said first parameter fi^om a second of said subframes occurring 
subsequent to said first subframe, herein said a4jii5ting comprises generating said adjusted 
first parameter in response to said at least partially decoded near end and far end signals and 
said first parameter, and wherein said replacing comprises replacing said first parameter of 
said second subframe with said adjtisted first parameter. 

57. (Original) In a conmiunications system for transmitting a n e ar e nd digital 
signal comprising cod e sampl e s, said cod e sampl e s comprising first bits ucing a 
compr e ssion cod e and second bits using a linear oode, said code sample s repr es enting - an 
audio signal, said audio signal having a phmtlity of Qudi o-efeEffaeteristicSy-saki ^st e m also 
transmiiiing a for end digital signal , a method of reducing echo in said n e ar e nd digital signal 
without docoding said compression cod e comprising: 
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receivinti a near end digital signal comprising code samples, whe rei n said code 

samples co mprise first bits using a compression code and second bits using a linear code, 

wherein said code samples representing an audio signal, 

wherein said audio signal has a plurality of audio characteristics: 

receiving a far end Hipital ^tiprial , wherein said near end digital signal and said 

far end digital signal each represent a subframe of data: 

partially decoding said near end digit al signal to forn i a partially decoded near 

ynq digital simai; 

partially decoding said far end digital signal to fonn a partially decoded far end 

digital signal: 

determining the presence of an echo based on said pa rtially decoded near end 
digital signal and said partially decoded far end digital signal: and 

adjustin g, when an echo is present said first bits and said second bits in 
response to said near end digital signal and said far end digital signal , in order to control the 
echo characteristics of said near-end digital signal. 

58. (Original) A method, as claimed in claim S6, wherein said linear code 
comprises pulse code modulation (PCM) code. 
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59. (Original) A method, as claimed in claim 56, wherein said compression code 
samples conform to the tandem-free operation of the global system for mobile 
communications standard. 

60. (Original) A method, as claimed in claim 56, wherein said first bits comprise 
the two least significant bits of said samples and wherein said second bits comprise the 6 
most significant bits of said samples. 

61 . (Original) A method, as claimed in claim S9, wherein said 6 most significant 
bits comprise PCM code. 
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